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MOBILE TO MOBILE DIGITAL WIRELESS CONNECTION 
HAVING ENHANCED VOICE QUALITY 

5 BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates generally to wireless communication, and more particularly 
10 to mobile to mobile wireless communications connections having improved voice quality. 

2. Description of the Related art 

Wireless telephone communication systems utilize encoding to limit the amount of 
bandwidth required to transmit voice information over a communication channel. Instead of 

15 sending the received voice over the channel, a voice coder (vocoder) is used to first analyze the 
received voice signal and then generate a set of parameters which are used to drive a model that 
synthesizes a replica of the voice. It is these parameters that are transmitted at very low rates over 
the telephone network. Typically, in one type of vocoder, the voice is analyzed on a short time 
basis and a set of model parameters which may represent pitch, line spectrum frequencies (the 

20 frequency response of the vocal tract at any given time) and voice gain are generated. 

In a digital wireless network, a vocoder is used at the transmitter to divide the voice 
signal of the person talking into a stream of fixed length frames of typically 20 msec. The 
vocoder then models the voice using a specific mathematical model and for each 20 msec frame, 
the vocoder generates a set of parameters for that mathematical model that best describes the 

25 voice for that 20 msec interval. Thus, the vocoder encodes the voice of the speaker into 20 msec 
frames. Each one of the frames carries a set parameter that represents the speaker's voice for the 
corresponding 20 msec interval. A modem at the transmitter transmits these frames over the air 
using an air interface technique such as CDMA, TDMA, or GSM. The modem function at the 
receiver passes the frames to a decoder at the receiver. The decoder decodes the 20 msec frames 

30 to produce the voice of the subscriber. A wireless subscriber uses a wireless terminal to access 
the wireless network. 

The audio path from a mobile station to a desktop phone consists of a voice encoder at 
the mobile station, a wireless transmitter at the mobile station, a wireless receiver at the base 
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station, and a decoder at the base station. There is one voice encoder and one decoder involved in 
the processing of the audio signal. This process is referred to as being a single vocoding 
operation because it involves a single encoding/decoding process. 

The audio path from a first mobile station to a second mobile station consists of a voice 
5 encoder and a wireless transmitter at the first mobile station, and a wireless receiver and a voice 
decoder at the base station (or at the switch). The voice signal of the subscriber generated by the 
decoder is transmitted over the carrier's land lines to a second voice encoder at the second base 
station (or at the switch), and then to a wireless transmitter. A wireless receiver at the second 
mobile station receives the encoded voice signal and processes it in a second decoder to generate 

10 a voice signal. In this case, from the voice processing perspective, there is one voice encoder at 
the first mobile station, one decoder at the base station, another voice encoder at the second base 
station and a second decoder at the receiving mobile station. Thus, when a call is made from one 
mobile station to another mobile station, the voice signal is processed by two voice encoders and 
two decoders. This process is referred to as tandem vocoding processing because the voice signal 

15 is encoded twice and decoded twice. 

The processing of the voice signal (the input speech) by the vocoding process (the 
process of encoding and decoding the voice signal) introduces a certain amount of digital 
distortion into the voice generated at the receiver relative to the actual voice uttered by the 
speaker. While, the quality of the voice generated by the decoder in single vocoding processing is 

20 very acceptable, it is somewhat below the voice quality of the input speech. Tandem vocoding 
compounds the digital distortion introduced into the voice signal and, therefore, it has been 
observed that the subjective voice quality of a mobile to mobile call is noticeably below that of a 
mobile to desk phone call. Thus, there exists a need to provide a method and apparatus for 
enhancing the voice quality of a mobile to mobile call. 

25 

Summary of the Invention 

This invention is directed toward improving the subjective voice quality of a mobile to 
mobile phone call having tandem vocoder processing by modifying the spectrum of the voice 
signal before it is processed by the second vocoder to compensate for digital distortion which is 
30 generated by the second vocoder. An adaptive filter can be used to modify the spectrum of the 

voice signal. With this invention, the voice quality of a call from a first mobile phone to a second 
mobile phone has a quality that is substantially similar to the voice quality of a call from a mobile 
phone to a desk phone. 
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Brief Description of the Drawing 

Fig. 1 is a block diagram of a mobile to desk phone call having single vocoding 
processing; 

5 Fig. 2 is a block diagram of a mobile to mobile call having double vocoding processing; 

Fig. 3 illustrates the spectrum of the output speech produced during single vocoding 
processing (graph A) and double vocoding processing (graph B) for the same phonetically 
balanced input voice signal; 

Fig. 4 is a block diagram of one embodiment of structure in accordance with the 
10 principles of the invention; 

Fig. 5 is a block diagram of another embodiment of structure in accordance with the 
principles of the invention; 

Fig. 6 is a block diagram of still another embodiment of structure in accordance with the 
principles of the invention; 
15 Fig. 7 illustrates the difference in the spectrum of two signals, one that is subjected to 

tandem vocoding processing and the other that is subjected to single vocoding processing; 

Fig. 8 illustrates the frequency response of an adaptive filter which can be located 
between two vocoders in tandem to compensate for digital distortion generated by the second 
vocoder; 

20 Fig. 9 illustrates the spectrum of a voice signal processed by tandem vocoding including 

the adaptive filter of Fig. 7 relative to the spectrum of a voice signal processed by single 
vocoding; and 

Fig. 10 illustrates the plot of the frequency response of an adaptive filter for use with two 
EVRC vocoders in tandem. 

25 

Detailed Description of the Invention 

As noted previously, in a mobile to desk phone conversation, the speech signal goes 
through a single vocoding process which introduces a small amount of digital distortion into the 
produced speech. Thus, the quality of the produced speech is somewhat less than that of the input 
30 speech. For a call between two mobile stations where the voice signal is subjected to the 
vocoding process twice, the subjective voice quality of the produced speech experiences 
increased digital distortion and, therefore, is inferior to speech produced by a voice signal that 
had experienced only single vocoding processing. 
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Referring to Table A below, there is provided the Mean Opinion Score of the quality of a 
speech signal generated with single vocoding processing and tandem vocoding processing for 
various vocoders. The Mean Opinion Score is a measure of voice quality using the Vocoder 
Mean Opinion Score Conformance Test standards document (TIA/EIA/IS 102) which is the 
5 standard subjective voice quality measurement metric. The higher score numbers represent better 
voice quality. 



Vocoder Type 


Single Vocoding 


Tandem Vocoding 


EVRC 


3.80 


3.34 


QCELP13 


3.88 


3.60 


ACELP 


3.91 


3.67 


VSELP 


3.85 


3.13 



Table A 

10 Mean Opinion Score 



The vocoders listed above are more fully identified as follows: 
15 EVRC refers to Enhanced Variable Rate Codec 

QCELP refers to Qualcomm Code Excited Linear 
Prediction Codec 
ACELP refers to Algeraic Code excited Linear Predictor 
VSELP refers to Vector Sum Excited Linear Predictor. 

20 

A review of the data in Table A will clearly show that in each instance tandem vocoding 
of a voice signal introduces increased distortion over that of single vocoding and that this is so 
regardless of the type of voice coder used for the processing of voice signals. 

The subjective voice quality of a given voice signal is a nonlinear function of many variables 
25 such as: 

1) Voice intelligibility; 

2) Voice clarity; 
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3) Amount of background noise in the voice; 

4) Digital distortion in the voice; 

5) Additive noise; and 

6) Frequency content of the voice (spectrum). 

5 This invention is directed towards improving the quality of the voice generated by a voice 

signal subjected to tandem vocoding processing to be substantially equal to the quality of the 
voice generated by a voice signal that is subjected to single vocoding processing. The 
improvement is obtained by compensating for the digital distortion that is introduced by the 
second vocoding processing by modifying the frequency content of the voice signal before it is 

10 processed by the second vocoder. 

Referring to Fig. 1 ? there is illustrated a block diagram of a mobile to desk phone call having 
single vocoding processing. The voice of a caller at a mobile station is processed by a voice 
coder (encoder) 10 and then fed to a wireless transmitter 12 for transmission to wireless receiver 
14. The signal from receiver 14 is then fed to decoder 16. The output of decoder is transmitted 

15 over a path 17 that may include land lines to a desk top phone 18. The voice signal from the 
mobile station to the desk top phone is processed by one encoder 10 and one decoder 16 and, 
therefore, it is subjected to single vocoding processing. 

Referring to Fig. 2, there is illustrated the block diagram of double vocoding processing. The 
voice of a caller at a first mobile station is processed by encoder 30,the output of which is fed to 

20 wireless transmitter 32 which transmits the signal to wireless receiver 34. The output of wireless 
receiver 34 is fed to decoder 36 which converts the received signal to a voice signal for 
transmission over the carrier's network which may include land lines 38. In this example, the 
originating call from the first mobile station is being sent to a second mobile station. Therefor, the 
voice signal from decoder 36 is sent via the carrier's network to a second encoder 40 where it is 

25 processed a second time, and then forward to wireless transmitter 42 for transmission to wireless 
receiver 44 located in the second or receiving mobile station. The signal from receiver 44 is fed 
to and processed by decoder 46, the output of which is the voice signal that is used to generate 
the voice heard by the person receiving the call. In Fig. 2, the call from the first mobile station to 
the second mobile station is encoded twice and decoded twice before it is received by the person 

30 called. Thus, in this example, the voice signal is subjected to tandem vocoding processing. 

Referring to Fig. 3, there is illustrated two graphs of the frequency content of phonetically 
balanced voice subjected to single and tandem processing using EVRC vocoders. Phonetically 
balanced voice consists of a group of sentences having almost all of the phonetic transitions of 
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the English language. The voice signal consists of 5 male and 5 female voices. Graph A is of the 
voice produced by single vocoding processing and Graph B is of the voice produced by tandem 
vocoding processing. As illustrated in Fig. 3, the voice produced by a voice signal that is 
subjected to tandem vocoding processing has less energy in the high frequency end compared to 
5 the voice signal produced by single vocoding processing. 

This invention is directed toward improving the quality of the voice generated by a voice 
signal subjected to tandem vocoding by changing the spectrum of the voice signal prior to it 
being subjected to the second vocoding operation to compensate for digital distortion which will 
be generated by the second vocoding operation. This can be achieved with an adaptive filter 
10 located upstream of the second vocoder of the tandem vocoder arrangement. The adaptive filter 
can be a stand alone item, a part of the back end of the first decoder or a part of the front end of 
the second encoder. 

Referring to Figs. 4, 5 and 6, there is illustrated three possible locations of the adaptive filter. 
Fig. 4 is a block diagram of structure in accordance with the principles of the invention where the 

15 adaptive filter is located between the first decoder and the second encoder. Fig. 5 shows the 

adaptive filter as a part of the back end of the decoder of the party making the call. Fig. 6 shows 
the adaptive filter as a part of the front end of the encoder of the party receiving the call. In each 
instance, the adaptive filter is located between the first decoder and the second encoder. 

Fig. 7 illustrates a graph of the difference in the spectrum of one signal that is subjected to 

20 tandem vocoder processing and another signal that is subjected to single vocoding processing. A 
study of Fig. 7 will show that there is a marked difference between the two as the frequency 
increases above 3000 Hz; and, there is a smaller but possibly significant difference from 1500 Hz 
to 3000 Hz. An adaptive filter designed to reduce the difference above 3000 Hz will provide 
significant results, and further improvement can be obtained by reducing the difference from 

25 1500 Hz to 3000 Hz. Still further improvement can be obtained by reducing the difference that 
occurs between 500 Hz and 1500 Hz. 

Referring to Fig. 8, there is illustrated the graph of the frequency response of an adaptive 
filter which can be used to modify the spectrum of a voice signal fed to the second encoder. 

Fig. 9 is a graph of the spectrum of a voice signal that was subjected to tandem vocoding 

30 with an adaptive filter (plot A) relative to the spectrum of a voice signal subjected to single 

vocoding (plot B) for one type of vocoder. Improvement of the spectrum of a signal subjected to 
double vocoding can be obtained by using an adaptive filter which modifies the spectrum of the 
voice signal from the first decoder to compensate for digital distortion which will be generated by 
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the second decoder. Depending upon the vocoder being used, the adaptive filter can cause the 
spectrum of the modified signal to be close to that of the spectrum of the signal from the first 
vocoder for frequencies below 2400 Hz and boost the frequencies above 2400 Hz of the signal 
from the first vocoder by an amount from 0 to 10 db. 
5 Fig. 10 illustrates the graph of the frequency response of an adaptive filter designed for 

use with two EVRC vocoders in tandem. In this embodiment, the filter is designed to pass, 
without change, those frequencies from the first decoder which are below 1500 Hz; to increase 
the db of frequencies which fall between 1500 Hz and 2400 Hz by about 2 db; to increase the db 
of frequencies which fall between about 2400 Hz and 2850 Hz by about 6 db; to increase the db 

10 of frequencies which fall between about 2850 Hz and 3 150 Hz by about 9 db; and to increase the 
db of frequencies which fall between about 3 150 Hz and 4000 Hz by about 6 db. 

The quality of the voice generated when a voice signal was processed with single 
vocoding, tandem vocoding and tandem vocoding with an adaptive filter having a frequency 
response similar to that of Fig. 10 were evaluated using golden ear experts in the voice quality 

15 group. The results obtained indicated that the quality of the voice generated by the voice signal 
processed with tandem vocoding and the adaptive filter was not only better than the voice 
generated without the adaptive filter, but it was close to the quality of the voice generated by 
voice signals processed with single vocoding. The adaptive filter can be designed to modify the 
spectrum of the voice signal from the first vocoder to compensate for substantially all digital 

20 distortion due to the second vocoding processing. 

Although the present invention has been described with respect to a typical and a 
preferred embodiment, it should be understood that various changes, substitutions and 
modifications may be suggested to one skilled in the art and it is intended that the present 
invention encompass such changes, substitutions and modifications as fall within the scope of the 

25 appended claims. 
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What is claimed is: 



1 1 . A method for communicating comprising the steps of: 

2 receiving a first encoded voice signal as a first set of voice signal parameters; 

3 directing the first set of voice signal parameters to a first speech decoder to generate a 

4 voice signal; 

5 feeding the voice signal from the first speech decoder to an adaptive filter to produce a 

6 modified voice signal; 

7 feeding the modified voice signal to a speech encoder to convert the modified voice 

8 signal into an encoded modified voice signal represented by a second set of voice signal 

9 parameters; and 

10 transmitting the second set of voice signal parameters. 

1 2. The method of claim 1 further comprising the step of: 

2 modifying the spectrum of the voice signal from the first speech decoder using the 

3 adaptive filter which compensates for digital distortion which will occur when the encoded 

4 modified voice signal represented by the second set of voice signal parameters is decoded. 

1 3. The method of claim 1 wherein: 

2 the db of frequencies above 2400 Hz of the modified voice signal have increased 

3 magnitude of from 0 to 10 db. 

1 4. The method of claim 1 wherein: 

2 the db of frequencies below 2000 Hz of the modified voice signal have increased 

3 magnitude of from 0 to 6 db. 

1 5. The method of claim 1 wherein: 

2 the db of frequencies above 2000 Hz of the modified voice signal have increased 

3 magnitude of from 2 db to 8 db. 

1 6. The method of claim 1 wherein: 

2 the db of frequencies between 1500 Hz and 2400 Hz of the modified voice signal have 

3 increased magnitude of from 0 db to 2 db. 
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1 7. The method of claim 1 wherein: 

2 the db of frequencies between 2400 Hz and 2850 Hz, and those that are between 3 1 50 Hz 

3 and 4000 Hz of the modified voice signal have increased magnitude of from 4 db to 8 db. 

1 8. The method of claim 1 wherein: 

2 the db of frequencies between 2850 Hz and 3 150 Hz of the modified voice signal have 

3 increased magnitude of from 7 db to 11 db. 

1 9. A wireless call connection comprising: 

2 a speech decoder coupled to a wireless receiver for receiving a signal made up of a set of 

3 parameters representative of a voice signal and for converting the received signal to a voice 

4 signal; 

5 an adaptive filter coupled to receive the voice signal from the speech decoder to produce 

6 a modified voice signal which, when encoded, will produce a second signal made up of another 

7 set of parameters representative of the voice signal. 

1 10. The structure of claim 9 wherein the adaptive filter modifies the magnitude of 

2 selective frequencies of the spectrum of the voice signal from the decoder. 

1 11. The structure of claim 10 wherein the adaptive filter modifies the magnitude of 

2 selective frequencies of the spectrum of the voice signal from the decoder to compensate for 

3 digital distortion caused by encoding and decoding the modified voice signal. 

1 12. The structure of claim 10 wherein the adaptive filter increases the db of frequencies 

2 above 3000 Hz of the voice signal from the decoder to compensate for digital distortion caused 

3 by encoding and decoding the modified voice signal from the adaptive filter. 

1 13. The structure of claim 10 wherein the adaptive filter increases the db of frequencies 

2 above 1500 Hz of the voice signal from the decoder to compensate for digital distortion caused 

3 by encoding and decoding the modified voice signal from the adaptive filter. 
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1 14. The structure of claim 10 wherein the adaptive filter increases the db of frequencies 

2 above 300 Hz of the voice signal from the decoder to compensate for digital distortion caused by 

3 encoding and decoding the modified voice signal from the adaptive filter. 

1 15. The structure of claim 9 wherein the adaptive filter increases the db of selective 

2 frequencies of the spectrum of the voice signal from the decoder to cause the spectrum of a voice 

3 signal generated by subsequent encoding and decoding of the modified signal to be close to that 

4 of the voice signal from the speech decoder. 
5 
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Abstract 

This invention is directed toward improving the subjective voice quality of a mobile to 
mobile phone call having tandem vocoder processing by modifying the spectrum of the voice 
signal before it is processed by the second vocoder to compensate for digital distortion which is 
generated by the second vocoder. An adaptive filter can be used to modify the spectrum of the 
voice signal. With this invention, the voice quality of a call from a first mobile phone to a second 
mobile phone has a quality that is substantially similar to the voice quality of a call from a mobile 
phone to a desk phone. 
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IN THE UNITED STATES 
PATENT AND TRADEMARK OFFICE 

Declaration and Power of Attorney 



As a below named inventor, I hereby declare that: 

My residence, post office address and citizenship are as stated below next to my name. 

I believe I am an original, first and joint inventor of the subject matter which is claimed 
and for which a patent is sought on the invention entitled Mobile To Mobile Digital Wireless 
Connection Having Enhanced Voice Quality the specification of which is attached hereto. 

I hereby state that I have reviewed and understand the contents of the above identified 
specification, including the claims, as amended by an amendment, if any, specifically referred to 
in this oath or declaration. 

I acknowledge the duty to disclose all information known to me which is material to 
patentability as defined in Title 37, Code of Federal Regulations, 1.56. 

I hereby claim foreign priority benefits under Title 35, United States Code, 119 of any 
foreign application(s) for patent or inventor's certificate listed below and have also identified 
below any foreign application for patent or inventor's certificate having a filing date before that of 
the application on which priority is claimed: 

None 

I hereby claim the benefit under Title 35, United States Code, 120 of any United States 
application(s) listed below and, insofar as the subject matter of each of the claims of this 
application is not disclosed in the prior United States application in the manner provided by the 
first paragraph of Title 35, United States Code, 112, I acknowledge the duty to disclose all 
information known to me to be material to patentability as defined in Title 37, Code of Federal 
Regulations, 1.56 which became available between the filing date of the prior application and 
the national or PCT international filing date of this application: 

None 

I hereby declare that all statements made herein of my own knowledge are true and that 
all statements made on information and belief are believed to be true; and further that these 
statements were made with the knowledge that willful false statements and the like so made are 
punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of the United States 
Code and that such willful false statements may jeopardize the validity of the application or any 
patent issued thereon. 

I hereby appoint the following attorney(s) with full power of substitution and revocation, 
to prosecute said application, to make alterations and amendments therein, to receive the 
patent, and to transact all business in the Patent and Trademark Office connected therewith: 
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Please address all correspondence to the Docket Administrator (Rm. 3C-512), Lucent 
Technologies Inc., 600 Mountain Avenue, P. O. Box 636, Murray Hill, New Jersey 07974-0636. 
Telephone calls should be made to Eli Weiss by dialing 732-949-3147. 
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